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(54) Method of up-converting and up-converter with pre-compensation f Dter 



(57) An up-converter for digitally sampled basetiand 
signals having the slnc(x) spectral replication functional- 
ity of a DAC, using a post-DAC, band pass filter to iso- 
late a baseband replica that falls within that sidelobe of 
the DAC's sinc(x) frequency response containing the 



desired IF. TTie parameters of a pre-compensation filter 
and the gain of a post DAC amplifier are set to compen- 
sate for the distortion and attenuation imparted by the 
DAC's sinc(x) frequency response. 
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Description 

The present invention relates to communicatton 
systems and to the use of a cGgrtal-to-analog converter 
(DAC) arxl associated pre-compensation arxi post-con- 
version filter circuitry to directly up-convert a dgitaOy 
sampled baseband signal into an intermediate fre- 
quency (IF) analog output signal. 

Current implementations of (IF) up-conversion dr- 
curtry ised in communication equipment for digitally for- 
matted baseband signals customarily employ multiple 
frequency conversion (local oscaiator/mixer) stages, in 
order to realize a desired IF analog output signal, to be 
supplied to the RF transmitter. The front end of such IF 
uphconversion circuitry to which the digital baseband 
signals are applied, is configured as shown in Rgure 1 
to include an up-conversion section 10, the output of 
which is filtered in a pre-compensation filter 20 at the 
input to a digital-to-analog converter (DAC) 30. 

The initial up-conversion section 10 includes a 
quadrature interpolation filter 1 1 to which respective in- 
phase (I) and quadrature phase (Q) conponents of the 
digitally sampled baseband signal are applied. To con- 
form with Nyquist-based standards, the sampling fre- 
quency of the interpolation f flter 1 1 is greater than twice 
(e.g., on the order of two and one-haif times) the highest 
frequency of the up-converted frequency of interest. 
The respective I and Q components of the interpolated 
basetsand signal are then multiplied in respective mixers 
12 and 13 by an IF local oscillator signal 14, and the 
resulting up-converted I and Q components are then 
summ^ in summing unit 15. The output of summing 
unit 1 5 is a real sigrral S, respective time and frequency 
domain representations of the signal S are shown in 
Figures 2 and 3, which is applied to the pre-compensa- 
tion fitter 20. 

The pre-compensation filter 20 is operative to com- 
pensate for roll off in the main lobe of a (sinc(x)) fre- 
quency domain distortion function, diagrammatically 
illustrated in Rgure 4, to which the frequency content of 
the signal S is subjected by the DAC 30. (Figure 5 
shows the time domain representation of the ideal 
impulse response of the DAC 30.) Since a sinc(x) func- 
tion has very shallow roll-off at frequencies below fs/2 
(the Interpolated Nyqulst frequer^y). the roll-off in the 
main lobe is normally very minor. As it is converted Into 
analog format by the DAC 30, the sampled time 
response of the signed S shown in Figure 2 is convolved 
with the DACs time domain response of Figure 5, so 
that the output of the DAC 30 has a resultant time 
domain characteristic shown in Rgure 6. 

As illustrated in Figure 7. which is the frequency 
domain representation of the convolved DAC output of 
Figure 6, the output of the DAC 30 effectively contains 
an infinite number of sidelobe-resident 'replicas' or 
'inr^ges' of the frequency content of the sampled base- 
band signal shown in Rgure 2. These spectral replicas 
or images are minored or folded symmetrically above 



and Man respective (center) frequerx:ies that are tnte* 
gral multiples of fs/2 and muttipned by the sinc(x) fre- 
quency domain response function of the DAC, shown in 
Rgure 4. 

5 This resultant output of the DAC 30 is lowpass fil- 
tered by a (smoothing) lowpass f3ter 40, to produce an 
analog baseband signal, shown in Rgure 8. Since, as 
noted above, the pre-compensation fitter 20 is operative 
to compensate for roll-off in the main lobe of the 

10 (sinc(x)) frequency domain distortion function of Rgure 
4, tiie combination of the pre-compensation filter 20 
prior to the DAC 30 with the low pass filter 40 at the out- 
put of DAC is effective to remove all of the unwanted 
spectral replicas of the baseband beyond the funda- 

15 mental or main lobe frequency response of the lowpass 
fOtered analog signal, as shown in Figure 9. 

Now although the original basebarvi digital signal is 
now in analog format, this analog signal is still not at the 
intended IF frequency, ft is necessary to perform tp- 

20 conversion of the converted analog baseband signal to 
the IF frequency of interest by means of a further analog 
IF mit 50, to which the output of the DAC 30 is coupled 
via an amplifier 45. Similar to up-converter section 10. 
analog IF unit 50 includes a local oscillator 51, the out- 

25 put of which is multiplied in a mixer 52 by the analog 
baseband signal output by lowpass filter 40, and cou- 
pled to an IF bandpass filter 55 from which tiie IF output 
signal is derived. Undesirably, each of these additional 
components adds to the amount of hardware required 

30 for up-conversion and therefore increases the cost of 
the up-converter. 

The present invention includes a method of up-con- 
verting a baseband signal having a given bandwidth to 
an output signal having said given bandwidth centered 

35 at a prescribed center frequency higher than that of said 
baseband signal conprising the steps of providing said 
baseband signal as a sampled input baseband signal; 
providing a digital-to-analog converter that is operative 
to convert a sampled signal supplied thereto into an 

40 analog signal having a spectral content containing dis- 
torted replicas of the frequency content of said sampled 
signal at successively adjacent spaced-apart center fre- 
quencies; modifying a prescnlsed frequency content of 
said sampled input baseband signal in accordance with 

45 a pre-compensation mechanism that is operative to pre- 
distort said sampled baseband signal into a pre-dis- 
torted sampled baseband signal, such tfiat processing 
of said pre-distorted sampled baseband signal by 
means of the digital-to-analog converter so as to pro- 

50 duce an analog output signal having a spectral content 
of said sanpled baseband signal at successively adja- 
cent spaced-apart center frequencies, but with normally 
distorted replicas tiiereof conpensated by said pre- 
compensation mechanism; coupling said pre-distorted 

55 sampled baseband signal to said digrtal-to-analog con- 
vaier, so as to produce said analog output signal in 
which said replicas of the frequency content of said 
sampled basebarxJ signal have been conpensated by 
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said pre-compensation mechanism: and subjecting the 
analog output signal so produced to a bandpass filtering 
operation which produces a bandpass-filtered analog 
output signal having a frequency content that is limited 
to a compensated replica of the frequency content of 
said baseband signal at said pr^crd)ed center fre- 
quency. 

The invention also includes a signal processing 
apparatus for up-converting a digitally sampled base- 
band signal having a given bardwidth to an analog out- 
put signal having said given bandwidth centered at a 
prescribed center frequency higher than that of saki dig- 
ital baseband signal comprising: 

an input signal port to which said digitally sampled 
baseband signal is applied; 
a digital-to-analog converter that is operative to 
convert a sampled signal supplied thereto into an 
anabg signal having a spectral content containing 
distorted replicas of the frequency content of said 
sanrpled sigrmi at successively adjacent spaced- 
apart center frequencies; 

a pre-compensation fitter installed between said 
input signal port and said cfigital-to-analog con- 
verter and being operative to pre-distort said digit- 
ally sampled baseband signal into a pre-distorted 
digrtaOy sampled baseband signal, such that 
processing of said pre-distorted digitally sampled 
baseband signal by said digital-to-analog converter 
produces an analog output signal having a spectral 
content of said digitally sampled baseband signal at 
successively adjacent spaced-apart center fre- 
quencies, but with normally distorted replicas 
thereof compensated by said pre-compensation 
mechanism; and 

a bandpass filter which is coupled to receive said 
anatog output signal produced by said digital-to- 
analog converter and produces a bandpass-filtered 
analog output signal having a frequency content 
that is limited to that of a compensated replica d 
the frequency content of said baseband signal at 
said prescribed center frequency. 

Conveniently, rather than remove the entirety of the 
spectral replica content in the output of the DAC that lies 
beyond the fundamental a baseband component of the 
DAC's frequency response, as in known up-conversion 
scheme of Figure 1 , advantage is taken of such spectral 
replication functionality of the DAC to extract a desired 
IF-centered replica that falls within a prescribed pass- 
band portion of the DAC's frequency response. 

In the conventional IF up-conversion circuit of Fig- 
ure 1, the front end of the up-converter also includes a 
quadrature interpolation filter to which respective in- 
phase and quadrature phase components of the digit- 
ally sampled baseband signal are applied. The respec- 
tive I and Q components of the interpolated baseband 
signal are up-converted via mixers and an IF local oscil- 



lator and then summed to produce a real signal S. 

The real sigrud S Is coupled to a DAC through a pre- 
compensation f3ter. UnOke the pre-compensation fitter 
in the conventional up-converter apparatus of Figure 1, 

5 having a transfer function thiat compensates for roll off in 
the first or main lobe of the (sinc(x)) frequerx^ domain 
distortion function of the DAC, the transfer function of 
pre-compensation filter used in the inventiai is tailored 
to compensate for roll off in that skf elobe of the (sinc(x)) 

10 frequency domain distortion function which contains the 
desired IF frequency f|p The pre-compensation filter is 
located between the output of the up-converter and the 
input to the DAC. 

An additional difference between the apparatus of 

75 the present invention and the krK)wn up-converter of 
Figure 1 is the resultant output of the DAC is banctsass- 
fOtered by an Image-selecting* bandpass filter, ratha* 
than lowpass filtered. The pass band of the bandpass 
filter falls between a lower integral multiple of one-half 

20 the sampling frequency (nfs/2], and an immediately 
acQacent upper integral multiple of one-half the sam- 
pling frequency ((n -f 1 )fs/2 ). so that tiie bandpass f3- 
ter isolates a respective replica of the frequency content 
of the signal at the desired IF frequency f|p 

25 The output of the bandpass filter is coupled to an 
amplifier which amplifies the bandpass-filtered analog 
output signal, so as to compensate for attenuation of 
signal by the bandpass filter-selected sidelobe of the 
frequency domain representation of the convolved DAC 

30 output. Since the output of the amplifier is the original 
baseband signal up-converted to the desired intermedi- 
ate frequency f|p the need to perform further up-conver- 
sion of tiie analog baseband si^al to the desired IF 
frequency, for example, as by way of the analog IF unit 

35 50 of the conventional tp-converter of Figure 1 is obvi- 
ated, thereby reducing the hardware and cost of the up- 
converter. 

Advantageously, the pre-compensation filter is 
inserted in the signal processing path upstream of the 

40 interpolation operation, which allows the filter to nin at a 
lower computational rate. If the quadrature (l/Q) input 
signal is DC-centered, ttie pre-compensation filter is a 
complex filter, since Its pre-compensation characteristic 
is asymmetric about DC. 

45 The pre-compensation fater also may be aug- 
mented by an lnterpo(ation-by-two filter, an Fs/4 up-con- 
verter stage upstream of the pre-conpensation filter, 
and an Fs/4 down-converter stage downstream of the 
pre-compensation filter. 

so A process of a real (non-complex) input signal 
forms a non-complex pre-compensation filter inserted 
into the signal processing path upstream of an interpo- 
lation operation carried out by an interpolation filter of 
the up-conversion section. Moreover, inserting tiie pre- 

55 compensation filter prior to the interpolation operation 
allows the pre-conpensation filter to run at a reduced 
computational rate. 

Suitably, a sample rate expanding stage is inserted 
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between the output of the upconversion section and the 
DAC. This sample rate insertion stage serves to miti- 
gate the sinc(x) rofl-off effects in the DAC, by performing 
an L-fold multipiication of the number of spectral repli- 
cas in each sinc(x) lobe, where L is the expansion fac- 
tor. As a result the amp&tude distortion aaoss each 
replica near the center of each sinc(x) lobe is not so 
severely attenuated. 

The Invention will now be described, by way of 
example, with referertce to the accompanying drawings 
In which: 

Rgure 1 diagrammatically illustrates a conventional 
implementation of (IF) up-conversion circuitry used 
in communication equipment for digitally formatted 
signals; 

Figures 2 arxJ 3 show respective time and fre- 
quency domain representations of a digitally sam- 
pled baseband signal; 

Rgure 4 diagrammatically illustrates a (sinc(x)) fre- 
quency domain distortion function produced by a 
digital-to-analog converter; 
Rgure 5 shows the time domain representation of 
the ideal impulse response of a digrtal-to-analog 
converter; 

Rgure 6 shows the resultant time dorr^in charac- 
teristic produced by convolving the sarrpled time 
response of Rgure 2 with the time domain repre- 
sentation of the ideal impulse response of a digital- 
to-analog converter of Figure 5; 
Rgure 7 shows the frequency domain characteristic 
associated with the time domain response of Rgure 
6; 

Rgure 8 shows an analog baseband signal pro* 
duced by low pass filtering the output of the DAC 30 
of the oonventior^ implementation of (IF) up-con- 
version circuitry of Figure 1 ; 
Rgure 9 shows the frequency domain characteristic 
of the lowpass filtered analog baseband signal of 
Rgure 8; 

Rgure 10 diagrammatically illustrates the configu- 
ration of an (IF) up-converter; 
Rgure 1 1 shows the spectral output of the band 
pass filter 400 of the up-converter of Figure 10. 
which falls between a lower frequency of 60 MHz at 
a first integral multiple (nfs/2) of one-half the sam- 
pling frequency of 40 MSPS, and an immediately 
adjacent upper integral multiple ((n -t- 1)fs/2) of 
one-half the sampling frequency of 80 MHz; 
Rgure 12 shows the time donr^in assodated with 
the t)andpass filter spectral output of Rgure 1 1 ; 
Rgures 13 and 14 respectively show time and fre- 
quency domain representations of the digitally sam- 
pled baseband signal produced by the summing 
unit 15 of Figure 10; 

Rgure 15 shows the sinc(x) spectrum of a resuHant 
signal produced by DAC 30 in Rgure 10, each lobe 
of which contains pairs of replicas of the (7 MHz 



wide) baseband signal centered at respective fre- 
quencies 10 MHz, 30 MHz, 50 MHz. 70 MHz, 90 
MHz, 110 MHz. etc.; 

Rgire 16 shows a second embodment of the 

5 invention, in which the pre-compensation fitter is 
inserted into the signal processing path upstream 
of the interpolation operation; 
Rgire 17 shows a third enrtxxliment of the inven- 
tion, in which the pre-compensation filter of the 

10 antxxiiment of Rgure 16 is replaced by an tnterpo- 
lation*by*two fiKer, an Fs/4 up and down converter 
stage and a quadrature pre-compensation filter; 
Rgure 18 shows the spectral characteristic of the 
output of the interpolate^y-two iWiet 210 of the 

15 embodimerrt of Rgure 1 7; 

Rgure 19 shows the spectral characteristic of the 
output of center-frequency shifting conrplex nrulti- 
plier 520 of the embodiment of Rgure 17; 
Rgure 20 shows a fourth emixxJiment of the inven- 

20 tion for the case of a real (non-complex) input sig- 
nal; 

Rgure 21 shows a fifth embodiment of the inven- 
tion, in which a sample rate expander is inserted 
between the output of up-conversion section and 

25 the DAC; and 

Rgure 22 diagrammatically iOustrates the manner 
in which the sample rate expander of the embodi- 
ment of Figure 21 performs an L-fold multiplication 
of the number of spectral replicas in each sinc(x) 

30 lobe. 

Before describing the (IF) up-conversion signal 
processing apparatus, it should be observed that the 
invention resides in an arrangement of digital and ana- 
35 log communication circuits and associated signal 
processing components. Consequently, the configura- 
tion of such circuits and components and the manner in 
which they are interfaced with other communication sys- 
tem equipment have, for the most part, been illustrated 
40 in the drawings understandable block diagrams, which 
show only those specific details. Thus, the block dia- 
gram illustrations are primarily intended to show the 
major conponents of the up-conversion apparatus in a 
convenient functional grouping. 
45 Rather than remove the entirety of the spectral rep- 
lica content in the output of the DAC that lies beyond the 
baseband component of the DAC's frequency response, 
the up-conversion scheme retains this spectral replica- 
tion functionality, and selectively extracts a desired Ip- 
so centered replica that fails within a preserved pass-band 
portion of the DAC's frequency response (corresporxi- 
ing to the bandwidth of the baseband signal). 

Rgure 10 shows the conventional IF up-conversion 
circuit of Rgure 1 , the front end of the up-converter of 
55 the present invention includes a quadrature interpola- 
tion filter 1 1 to which respective in-phase (I) and quad- 
rature phase (Q) components of the digitally sampled 
baseband signal are applied. (As in the up-converter of 
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Rgure 1. the sampfing frequency fs of the irrtefpolation 
fiiter 1 1 is at least twice the highest frequency of the ip- 
converted frequency of interest) The respective I and Q 
conponents of the interpolated baseband signal are 
muttipfied in respective nnixers 12 and 13 by an IF local 
osditator signaJ 14. arxl the resulting up-converted 1 arid 
Q components are then sunrtmed in summing unit 1 5, to 
produce a real signal S. whose time and frequency 
domain representations of the signal S are as shown in 
Figures 2 and 3. respectively, as described above. As a 
non-limiting example, the up-converter components of 
the front end up-converter may comprise an HSP 451 1 6 
NCX)M modulator chip manufactured by Harris Corp. 

The real signal S is coupled to DAC 30 through a 
pre-compensation filter 200. DAC 30 may comprise an 
HI 3050 digital-to-ana!og converter, manufactured by 
Harris Corp,, and pre^xsmpensation fitter 200 may com- 
prise a finite impulse response (FIR) fiKer, such as an 
HSP 43168 FIR filter, also manufactured by Harris 
Corp., as non-limiting examples. Unlike the pre-com- 
pensation filter 20 in the conventional up-converter 
apparatus of Figure 1 (whose transfer function cwnpen- 
sates for roll off in the first or main lobe of the (sinc(x)) 
frequency domain distortion function of the DAC), the 
transfer function of pre-compensation filter 200 is tai- 
lored or tuned' to compensate for roil off in a selected 
stdelobe of the (sinc(x)) frequency domain distortion 
function of the DAC. other than the main loba In partic- 
ular, the transfer function of pre-compensation filter 200 
is tailored to compensate for roll off in that sidelcbe of 
the (sinc(x)) frequency domain distortion function which 
contains the desired IF frequency fip and any other DAC 
transfer function distortion. 

For purposes of providing a non-limiting example, 
as shown in Rgure 7, such a sidelobe may con-espond 
to the first sidelobe 71 of the frequency domain repre- 
sentation of the convolved DAC output Sidelobe 71 
contains a pair of replicas 72 and 73 of the frequency 
content of the sampled baseband signal of Figure 2. 
that are folded symmetrically above and below a 
respective integral multiple of one-half the sampling fre- 
quency fs. By configuring the parameters of pre-com- 
pensation filter 200 to compensate for the roll off 
behavior of this sidelobe. then that portion of the 
(sinc(x)) frequency domain distortion output function 
and any other distortion inrparted to the interpolated 
baseband signal by the DAC 30 will not distort the 
desired baseband replica 72 or 73 contained in that 
sidelobe. (The characteristics of pre-compensation filter 
200 may be tuned for a given portion of the sidelobe 71 
containing the replica of interest (72 or 73). or for the 
entirety of the sidelobe, exclusive of the endpoints.) 

An additional difference between the apparatus of 
the present invention shown in Figure 10 arKi the con- 
ventional up-converter of Rgure 1 is the fact that the 
resultant output of the DAC 30 is ban<#)ass-f iltered by a 
(sidelobe-selecting) banc^ass filter 400, rather than 
lowpass filtered. Bandpass filter may comprise a P- 



series bandpass filter maruifactured by Trflithic Corp. As 
shown in Rgure 11, the pass band 411 of filter 400 
should at least cover a frequency range of the bands of 
interest between a tower integral multiple of one-half the 

5 sampling frequer^ (nfs/2), and an immediately acj|a- 
cent upper integral nrtittiple of one-half the sampling fre- 
quency ((n + 1)fs/2), so as to isolate a respective 
replica 1 1 1 of the frequency content of the signal at the 
desired IF frequency f|p 

10 The output of bardpass filter 400 is coupled to an 
amplifier 450 which amplifies the bandpass-filtered ana- 
log output signal, whose time domain content is shown 
in Rgure 1 2. so as to compensate for attenuation of sig- 
nal by ttie bandpass filter-selected sidelobe 71 of the 

15 frequency domain representation of the convolved DAC 
output of Rgure 7. Since the output of amplifier 450 Is 
the original baseband signal up-converted to the 
desired intermecfiate frequency fip the need to perform 
further up^onversion of the analog baseband signal to 

20 the desired IF frequency, for example, as by way of the 
analog IF unit 50 of the conventional up-converter of 
Rgure 1 is obviated, thereby reducing the hardware and 
cost of the up-converter. 

For purposes of providing a non-limiting illustration 

25 of the operation of the up-converter of Figure 10, 
described above, let it be assumed that it is desired to 
up-convert a 7 MHz wide baseband signal, originally 
sampled at 10 megasamples per second (MSPS) to an 
IF center frequency of 70 Mhz. For a DAC having a sanv 

30 pling rate of 40 MSPS. an interpolation factor of four is 
used to increase \he original 10 MSPS sampling fre- 
quency of the I and Q components of the interpolated 
baseband signal. For the parameters of the present 
example. DAC 30 must also have an output bandwidth 

35 that is wide enough to prevent severe attenuation of the 
converted signal at frequencies up to approximately 75 
Mhz. The above-referenced HI 3050 nrxxJel DAC will 
provide this desired performance. It will also be 
assumed that the initial up-conversion operation per- 

40 formed by I and Q mixers 12 and 13 and IF local oscilla- 
tor signal 14 produces a center frequency of 10 Mhz. 
The resulting up-converted I and Q connponents (cen- 
tered at 10 MHZ) are added together in summing unit 
15, to produce a real signal S. whose time and fre- 

45 quency domain representations of the sigial S are 
respectively shown In Rgures 13 and 14. 

When this 10 MHz signal S is coupled tiirough pre- 
compensation f Oter 200 and converted into analog for- 
mat by DAC 30, what results is a signal having a sinc(x) 

so frequency spectrum characteristic as shown in Rgure 
15. The roll-off compensation of pre-compensation filter 
200 will cover at least that portion of the sidelobe 
between adjacent integral multiples of one-half ttie sam- 
pOng frequency and containing ttie IF frequency and 

55 signal bandwidtti of interest 

The parameters of the pre-compensation fitter 200 
are designed to compensate for the roil off behavior of 
at least that portbn of the first sidelobe of the DAC's 
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(sinc(x)) distortion function containing the baseband 
replica 73 that is centered about the desired center fre- 
quency of 70 MHz. namely covering a compensation 
bandwidth of at least from 66.5 Mhz and 73.5 MHz. 

For the replica 73 of the signal S at the desired IF 
center frequency and signal bandwidth of the present 
example, the pass band of filter 400 is set to have a flat 
response that at least covers 7 MHz wide band cen- 
tered at 70 MHz. namely a substantially flat response 
between at least 66.5 MHz and 73.5 MHz, and steep 
attenuation outside this pass band, so as to suppress 
unwanted replicas of the baseband signal and the base- 
bar^ signal itself within the &inc(x) output of the OAC. 
Namely, the bandpass filter 400 has a passband whose 
lower frequency limit is no less^ than the upper fre- 
quency boundary of an immediately lower replica of the 
frequency corrtent of said k}asebarvJ signal and whose 
upper frequerKy limit is no higher than the lower fre- 
quency boundary of an immediately higher replica of 
the frequency content of said baseband signal. 

Rgure 15 shows the closest edges of adjacent rep- 
licas occur at 53.5 Mhz (for an immediately lower fre- 
quency replica 72 centered at 50 MHz) and 86.5 Mhz 
(for an immediately high frequency replica 74 centa^ed 
at 90 MHz), respectively Therefore, the passband of fil- 
ter 400 should severely attenuate frequencies equal to 
or less than 53.5 MHz and equal to or greater than 86.5 
MHz. 

The resultant, isolated ip-oonverted 7 MHz wide 
analog signal is then amplified by amplifier 450, the gain 
of which is established to compensate for attenuation of 
the original signal by the first sidelobe of the sine (x) 
function of the convolved DAC output and other DAC 
distortion, as described above. Thus, the output of 
amplifier 450 is the original baseband signal Lp-con- 
verted to the desired intermediate frequency fip of 70 
MHz. 

Rgure 16 shows another embodiment in which the 
pre-compensation filter 200 is inserted into the signal 
processing path upstream of the interpolation operation 
(carried out by quadrature interpolation fiter 11). Locat- 
ing pre-conpensation filter 200 prior to the interpolation 
operation allows the pre-compensation filter 200 to run 
at a lower computational rate. If the quadrature (l/Q) 
input signal is DC-centered, the pre-compensation filter 
200 miist be a complex filter, since its pre-compensa- 
tion characteristic is asymmetric about DC. 

Rgure 1 7 shows an embodiment in which the pre- 
compensation filter 200 of the embodiment of Figure 15 
augmented by an interpolate-by-two filter 210 arKl an 
Fs/4 up-converter and dowrvconverter stage. The Fs/4 
up<onverter stage 500 includes an Fs/4 local oscillator 
510 coupled to complex multipliers 520 and 530, dis- 
posed upstream and downstream, respectively, of pre- 
compensation filter 200. The spectral characteristic of 
the output of quadrature interpolate-by-two filter is 
shown in Figure 18, while the spectral characteristic of 
the output of center-frequency shifting complex multi- 



plier 520 is shown in Rgure 19. 

RgiFe 20 shows a further errtedment for the case 
of a real (non-complex) input signal, in which a non- 
complex pre-compensation f9ter 200R is inserted into 

5 the signal processing path upstream of an interpolation 
operation carried out by an interpolation filter 1 1 R of tp- 
conversion section 10R, containing local oscaiator 14 
and muttipli^ 12. As described above with reference to 
the embodiment of Rgure 16, locating pre-compensa- 

10 ton tater 200R prior to the interpolation operation allows 
the pre-conpensation filter to run at a lower computa- 
tional rate. 

Rgu-e 21 shows another enrrisodiment, a rrKxlifica- 
ton of the earlier embodiment of Rgure 16. in which the 

15 pre-conrpensation filter 200 is inserted into the signal 
processing path upstream of the interpolation opera- 
tion. In addition, a sample rate expander 600 is inserted 
between the output of up-conversion section 10 and 
DAC 30, wNch is operative to mitigate the sinc(x) roll-off 

20 effects in the DAC. In particular, as diagrammatically 
illustrated in Figure 22, the sample rate expander 600 
performs an L-fold multiplication of the number of spec- 
tral replicas in each sinc(x) lobe, where L (e.g.. two as a 
norhlimrting example) is the expansion factor. As a con- 

25 sequence, the anrplitude distortion across each replica 
near the center of each sinc(x) lobe is not so severely 
attenuated. 

Rather than use a low pass filter to remove the 
entirety of the spectral replica content in the output of 

30 the DAC that lies beyond the fundamental or baseband 
component of the DAC's sinc(x) frequency response, 
and then enploy downstream analog up-converter com- 
ponents to achieve the desired IF frequency, as in the 
prior art up-conversion scheme of Rgure 1 , the present 

35 invention takes advantage of the spectral replication 
functionality of the DAC. using a band pass filter to iso- 
late a baseband replica that falls within that sidelobe of 
the DAC's sinc(x) frequency response containing the 
desired IF The parameters of a pre-compensation filter 

40 and the gain of a post DAC amplifier are established to 
compensate for the distortion and attenuation imparted 
by the 8inc(x) sidelobe and other distortion output by the 
DAC containing the desired IF. 

An up-converter for digitally sampled baseband sig- 

45 nals having the stnc(x) spectral replication functionality 
of a DAC. using a post-DAC, band pass fitter to isolate a 
baseband replica that falls within that sidelc^e of the 
DAC's sinc(x) frequency response containing the 
desired IF The parameters of a pre-compensation filter 

so and the gain of a post DAC amplifier are set to compen- 
sate for the distortion and attenuation imparted by the 
DAC's sinc(x) frequency responsa 

Claims 

55 

1 . A method of up-converting a baseband signal hav- 
ing a given bandwidth to an output signal having 
said given bandwidth centered at a prescribed 
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center frequency higher than that of said baseband 
signal conrpnsing the steps of : 

(a) providing said baseband signal as a sanv 
pled input bas^>arxJ signal; s 

(b) provicfing a digrtal-to-analog convertra- that 
is operative to convert a sanpled signal sip- 
pHed thereto into an analog signal having a 
spectral content containing dstorted replicas of 
the frequOTcy content of said sampled signal at 10 
successively acQacent spaced-apart center fre- 
quencies; 

(c) nKxjifying a prescribed frequency content of 
said sanpled input baseband signal in accord- 
ance with a pre-compensation mechanism that 75 
is operative to pre<listort said sampled base* 
band signal into a pre-distorted sampled base- 
band signal, such that processing of said pre* 
distorted sampled baseband signal by means 

of the digital-to-analog converter so as to pro- 20 
duce an analog output signal having a spectral 
content of said sampled baseband signal at 
successively acflacent spaced-apart center fre^ 
quencies. but with normally distorted replicas 
thereof compensated by said pre-compensa- 25 
tion mechanism; 

(d) coupling said pre-distorted sampled base- 
band signal to said digKal-to-analog converter, 
so as to produce said analog output signal in 
which said replicas of the frequency content of 30 
said sampled (baseband signal have be&n conv 
pensated by said pre-compensation mecha- 
nism; and 

(e) subjecting the analog output signal so pro- 
duced to a bandpass filtering operation which 3S 
produces a bandpass4iltered analog output 
signal having a frequency content that is limited 

to a compensated replica of the frequency con- 
tent of said baseband signal at said presabed 
center frequency. 40 

A method as claimed in claim 1, characterized in 
that said digital-to-analog converter is operative to 
convert a sampled signal supplied thereto into an 
analog signal having a spectral content containing 45 
attenuated and distorted replicas of the frequency 
content of said sampled signal at said successively 
adjacent spaced-apart center frequencies, arvi fur- 
ther comprises ampfifying said bandpass-filtered 
anabg output signal, so as to compensate for so 
attenuation of said replica of the frequency content 
of said baseband signal at said prescribed center 
frequency. 

A method as claimed in cicum 1 or 2. characterized ss 
by the baseband signal as sanpled comprises: 

(a1) providing said baseband signal as a digit- 



ally sarrvried quadrature baseband signal. 
(a2) inaeasing the sampling frequerx:y of said 
dSgitally sampled quadrature baseband signal 
into a prescribed multiple of the sampfing fre- 
quency thereof, 

(a3) up-converting the center frequency of said 
dgitally sampled quadrature baseband signal 
to a first center frequency spaced apart from 
the center frequency of the digitally sampled 
quadrature baseband signal provided in step 
(a), and 

(a4) summing the quadrature components of 
said digitally sampled quadrature baseband 
signal, having said first center frequency as up- 
converted in step (a3), to produce said sanv 
pled input baseband signal. 

4. A method as claimed in claim 3. characterized 
amplifying said banc^ass-f iltered anatog output sig- 
nal produced by said digital-to-analog converter, so 
as to compensate for attenuation of said repOca of 
the frequency content of said baseband signal at 
said presaged center frequency. 

5. A signal processing apparatus for up-converting a 
digitally sampled baseband signal having a given 
bandwidth to an ar^og output signal having said 
given bandwidth centered at a prescribed center 
frequency higher than that of said digital basebar>d 
signal comprising: 

an input signal port to which said digitally sam- 
pled baseband signal is applied; 
a digital-to-analog converter that is operative to 
convert a sampled signal suppGed thereto into 
an analog signal having a spectral content con- 
taining distorted replicas of the frequency con- 
tent of said sampled signal at successively 
adjacent spaced-apart center frequencies; 
a pre-compensation filter installed between 
said input signal port and said digital-to-analog 
converter and bang operative to pre-distort 
said digitally sampled baseband signal into a 
pre-distorted digitally sampled basebarvj stg- 
nat; such that processing of said pre-distorted 
digitally sampled t)aseband signal by said dg- 
ital-to-analog converter produces an analog 
output signal having a spectral content of said 
digitally sampled baseband signal at succes- 
sively adjacent spaced-apart center frequen- 
cies, but with rK>rmally distorted replicas 
thereof compensated by said pre-compensa- 
tion mechanism; and 

a bandpass filter which is coupled to receive 
said analog output signal produced by said dg- 
ital-to-analog converter and produces a band- 
pass-filtered analog output signal having a 
frequency content that is limited to that of a 
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connpensated r^ftca of the frequency content 
of said baseband signal at said preserved 
center frequency. 

A signal processing apparatus as claimed in claim 

5. characterized in that said digital*to-analog con- 
verter is operative to convert a digitally sampled 
signal supplied thereto into an analog signal having 
a spectral content containing attenuated and dis* 
torted replicas of the frequency content of said dig- 
itally sampled signal at said successively adjacent 
spaced-apart center frequencies, and further com- 
prising an output amplifier which anpiifies said 
bandpass-filtered analog output signal, so as to 
compensate for attenuation of said replica of the 
frequency content of said digitally sampled base- 
band signal at said prescribed center frequency, in 
which said digitally sampled baseband signal com- 
prises a digitally sampled quadrature baseband sig- 
nal, including a quadrature interpolation filter which 
is operative to inaease the sampling frequency of 
said digitally sanpled quadrature baseband signal 
into a prescribed multiple of the sampling frequency 
thereof, an up-converter which is operative to up- 
converting the center frequency of said digitally 
sanpled quadrature (baseband signal to a first 
center frequency spaced apart from the center fre- 
quency of the digitally sanpled quadrature base- 
band signal, and a combining unit which is 
operative to sum the quadrature components of 
said digitally sampled quadrature baseband signal, 
to produce said digitally sampled input baseband 
signal that is applied to said input port 

A signal processing apparatus as claimed in claim 

6, characterized in that said digital-to-analog con- 
verter is operative to convert a digitally sampled 
signal supplied thereto into an analog signal having 
a spectral content containing attenuated and dis- 
torted replicas of the frequency content of said dig- 
itally sampled signal at said successively adjacent 
spaced-apart center frequencies, comprising an 
output amplifier which is operative to anplify said 
ban4»ass-filtered analog output signal so as to 
compensate for attenuation of said replica of the 
frequency content of said digitally sampled base- 
band signal at said prescribed center frequency 

An up-converter for a sampled baseband signal, 
said up-converter comprising a digital-to-analog 
converter having a frequency domain distortion 
function, a pre-compensation filter, having an irput 
to which said sampled baseband signal is coupled, 
and an output coupled to said digital-to-analog con- 
verter, said pre-compensation filter having a trans- 
fer function that compensates for distortion of a 
selected portion of said frequericy domain distor- 
tion function containing a desired IF frequency, a 



bandpass titer to which the analog output of said 
dgita)-to-analog converter is coupled, said barv^ 
pass fSter having a passband that 'elates a 
respective repOca of the frequency content of said 

5 baseband sigrtal at said desired IF frequency, and 
including an amplifier to which the output of said 
bandpass fSter is coupled, and ts operative to 
amplify the output of said barxipass filter, so as to 
compensate tor attenuation of signal by said fre- 

f 0 quency domain distortion function of said digital-to- 
analog converter 

9. An up-converter as claimed in daim 8, character- 
ized in that said frequency domain distortion func- 

15 tion comprises a sinc(x) function having respective 
sidelobes containing replicas of said baseband sig- 
nal, saki bandpass filter has a passband that cov- 
ers at least the bandwidth of said baseband signal 
centered at said desired IF frequency, and prefera- 

20 bty said bandpass fitter has a passband having a 
lower frequency limit no less than the upper fre- 
quency boundary of an immediately lower r^Oca of 
the frequency content of said baseband signal and 
an upper frequency limit no higher than tfie lower 

25 frequency boundary of an immediately higher rep- 
lica of the frequency content of said baseband sig- 
nal, with said pre-compensation filter located is 
upstream of said quadrature interpolation filter. 

30 10. An up-converter as claimed in daim 9, character- 
ized in that said pre-compensation fitter Is a com- 
plex filter having a pre-compensation characteristic 
asymmetric about DC, along with an interpolation- 
by-two fitter and an up-converter stage upstream of 

35 said pre-compensation fitter, and a dowrvconverter 
stage downstream of said downstream of the pre- 
compensation filter, and preferably with a sample 
rate expander disposed upstream of said digital-to- 
analog converter and being operative to mitigate 

40 sinc(x) roll-off effects in said digital-to-analog corv 
verter. 
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(57) An up-converter for digitally sampled baseband 
signals having the sinc(x) spectral replication functional- 
ity of a DAC. using a post-DAC, band pass filter to iso- 
late a basebarxJ replica ttiat falls within that sidelobe of 
the DAC's sinc(x) frequency response containing the 



desired IF. The parameters of a pre-compensation fiHer 
and the gain of a post DAC ampfif ier are set to compen- 
sate for the distortion and attenuation imparted by the 
DAC's sinc(x) frequency response. 
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